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Abstract
With the advent of new standards for the regulation of acoustic radiation from ships, the mea-
surement of the underwater acoustic radiation of surface ships has become a new concern. This paper
proposes array signal-processing methods for localization and estimation of the spectral contributions
of underwater acoustic-noise sources of moving surface ships. Beamforming for moving sources is used
for localization of the acoustic-noise sources. Then, deconvolution of the point-spread function in the
beamforming is performed to estimate the noise-source contributions in this underwater application.
Among the classical methods of deconvolution in an aerial environment, the source density modeling
method is chosen. However, weighting of the beamforming for moving sources is not adapted to the
study of large vessels such as ships, which induces the localization of nonphysical sources. A new
beamforming weighting strategy is proposed to deal with this issue. In addition, as beamforming for
moving sources suffers from poor resolution at low frequencies, a passive synthetic aperture array
algorithm is proposed here to successfully improve the resolution. A unique experiment was performed
to validate the proposed methods, on Castillon Lake, France, with a towed surface ship and controlled
noise sources. In these experiments, the localization performance of the beamforming for moving sources
is improved by the synthetic aperture algorithm. Moreover, the new weighting strategy provides better
estimation of the contribution of the sources from the deconvolution results.
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3I. INTRODUCTION
In the littoral environment, the environmental impact of anthropogenic underwater noise has
been assessed, and in particular that linked to the activities for the promotion of renewable
energies (e.g., pile driving for offshore wind turbines [1]) and to ship trafﬁc [2]. To regulate
the noise from ship trafﬁc, some standards have been deﬁned to measure the underwater sound
pressure level radiated by ships [3], [4]. With the adoption of the Marine Strategy Framework, a
Directive of the European Commission in 2008 urged European acousticians to develop methods
for monitoring [5] and reduction of shipping noise [6]. Current international standards deﬁne
only single-microphone measurements of the global pass-by noise of a ship, measured in the
far-ﬁeld [3], [4].
Recent studies of pass-by noise in the aeronautic [7], railway [8], and automotive [9] industries
have been carried out using microphone arrays. The aim of these studies was to noise-map a
vehicle passing-by to:
1) obtain the localization of the different acoustic sources of the vehicle;
2) provide information about the relative contributions of these sources to the global acoustic
pressure level.
The use of array processing appears to be an interesting technique for the diagnosis of surface
ships, in order to reduce their underwater acoustic radiation.
The Doppler effect on moving acoustic sources means that noise mapping of a vehicle passing-
by is currently computed by beamforming for moving sources (beamforming-MS), which takes
into account the vehicle motion[7]. Beamforming-MS aims to compensate for the Doppler effect
by time resampling the measured acoustic pressures, and back-propagating the measured acoustic
waves to a moving calculation grid. This grid follows the vehicle as it passes by, due to an a-
priori known trajectory. However, the use of beamforming-MS to estimate the source level is
limited in the case of multiple sources, because of the beamforming-MS point-spread function
(PSF) in the localization map. To provide a good estimate of the source spectral contributions
in the acoustic signature of a vehicle, deconvolution methods of the PSF are classically used[7].
Inspired by the array-processing methods developed in the aerial domain, this paper proposes
an initial method for noise mapping of a ship passing-by. This noise mapping is based on
existing methods and consists of beamforming-MS followed by deconvolution using the source
density modeling (SDM) method[10]. The original contribution of this paper thus consists of
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4two improvements to this initial method.
For short measurement distances compared to the size of a vessel, as used in the present
study, the spherical spreading of the acoustic waves implies undesired ampliﬁcation of the
beamforming-MS results at the extremities of the calculation grid. A new weighting method
is proposed here to reduce the number of nonphysical sources at the extremities of the grid.
Moreover, beamforming-MS suffers from poor resolution at low frequencies, which limits the
localization performance for close sources. A passive synthetic aperture array technique is pro-
posed here to improve the localization resolution for monochromatic sources at low frequencies;
e.g., the mechanical noise sources of vessels. To validate the array processings proposed here,
a unique pass-by experiment with a 1:5 scale model of a surface ship was conducted using
controlled noise sources, on Castillon Lake, France.
Section II presents the initial method for noise mapping of a ship passing-by using beamforming-
MS and the SDM deconvolution method[10]. Section III details the two improvements to the
beamforming-MS: the new weighting strategy, and the passive synthetic aperture array algorithm.
Section IV concerns the experimental applications and improvements to the initial method, while
section V draws our conclusions from this study and provides future insight.
II. THE INITIAL METHOD
This section presents the chosen method, which is initially computed to provide a ﬁrst estimate
of the spatial acoustic signature of a ship. It is based on existing array-processing techniques
proposed in aerial acoustics. The estimation of the spatial acoustic signature is performed by
ﬁrst localizing the noise sources of the ship, and then estimating the energy contributions of
each identiﬁed noise source.
A. Localization step: The beamforming-MS algorithm
Noise mapping of a vehicle or vessel is classically achieved by assuming that it can be modeled
as a discrete distribution of point acoustic monopole sources. For the case under study, it was
shown by Morse et al. [11] and Berry et al. [12] that the assumption of the modeling of the
ship’s hull as a distribution of monopole sources is realistic.
To perform this mapping, beamforming-MS is used [7]. This merges a de-Dopplerization step
with a moving focusing step:
• The usual de-Dopplerization is achieved by time resampling the measured pressures.
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5• The moving focusing is computed using steering vectors deﬁned between the array and a
moving calculation grid. The calculation grid has the same trajectory as the vessel, which is
here known a priori. It is deﬁned by the set of calculation points Xl(τ), ∀l ∈ [1, L] where
the source locations are estimated, and the pressure levels estimated at these points are the
amplitudes of the equivalent acoustic monopole sources.
With low Mach numbers and far-ﬁeld scenarios, which are realistic in pass-by experiments
of surface ships, some assumptions can be made during the short time intervals of duration T ,
which are here referred to as snapshots:
• The sources are in ﬁxed positions at the frequencies and speeds of interest; i.e., the source
displacement during a snapshot is smaller than the beamforming-MS resolution;
• The Doppler effect is negligible at the frequencies and speeds of interest; i.e., it does not
exceed the frequency resolution deﬁned for the localization results.
Under these assumptions, the beamforming-MS algorithm can be implemented in a simple way
in the frequency domain. Considering an array of M hydrophones located at Am,m ∈ [1,M ],
the measured acoustic pressures are sliced into snapshots that are indexed by k. tk is the time
corresponding to the center of the kth snapshot. For a given snapshot k, the recorded pressure on
the mth receiver located at Am is expressed in the frequency domain as pk(Am, f), ∀m ∈ [1,M ].
Conventional beamforming pkBF(Xl(k), f) is then computed using a calculation grid Xl(k), ∀l ∈
[1, L] that is centered at the vessel position at the time corresponding to the snapshot k. The
beamforming-MS complex value at point Xl(k) is moving at the same speed as the study vessel,
and for the snapshot k is expressed as:
pkBF(Xl(k), f) = g
k,H(Xl(k), f)p
k
a(f) (1)
where pka(f) = [p
k(A1, f), ..., p
k(AM , f)]
T is the vector of the measured pressures for the
snapshot k and at the frequency f , .H is the conjugate transpose operator, and .T is the transpose
operator. The vector gk(Xl(k), f) = [gk(A1, Xl(k), f), ..., gk(AM , Xl(k), f)]T is the concatena-
tion of the beamforming-MS steering vectors between the sensors at points Am,m ∈ [1,M ] and
the calculation point Xl(k) at the frequency f , and this is expressed as:
gk(Xl(k), f) = wl(k)h
k(Xl(k), f) (2)
where wl(k) is the beamforming-MS weight, and the vector hk(Xl(k), f) = [hk(A1, Xl(k), f),
..., hk(AM , Xl(k), f)]
T is the concatenation of the transfer functions between the sensors at
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6points Am,m ∈ [1,M ] and the calculation point Xl(k) at the frequency f . In this paper, the
transfer function between a measuring point Am and a calculation point Xl(k) corresponds to
the free-space Green’s function with spherical spreading:
hk(Am, Xl(k), f) =
exp(−j2π f
c
rml(k))
4πrml(k)
(3)
where the distance rml(k) = ‖
−−−−−−→
Xl(k)Am‖ is between the sensor Am and the calculation point
Xl(k) for the snapshot k. The beamforming-MS weight in Equation (2) that ensures recovery
of the amplitude of a monopole point source in the single source case is here expressed as for
the snapshot k:
wkl (k) = ‖hk(Xl(k), f)‖−22 =
(
M∑
m=1
(4πrml(k))
−2
)−1
(4)
Finally, the beamforming-MS result is calculated by averaging the energy of pkBF(Xl(k), f) over
all of the snapshots, which is expressed as:
ΓBF (Xl, f) =
1
K
K∑
k=1
|pkBF(Xl(k), f)|2 (5)
B. Contribution step: Deconvolution of the beamforming-MS results
Considering N monopole sources located at the moving points Sn, n ∈ [1, N ], the beamforming-
MS response of the excitation of these N acoustic sources is theoretically:
ZBF(f) = |PSF(f)|2Γs(f) (6)
where |PSF(f)|2 is the L × N matrix of the average PSFs over all of the K snapshots, and
Γs(f) is the N ×1 vector of the source autospectra. The element (l, n) of the matrix |PSF(f)|2
is the value at the point Xl of the average beamforming-MS PSF centered at the source point
Sn, at frequency f :
|PSF(f)|2(l, n) =
K∑
k=1
|wkl (k)gk,H(Xl(k), f)gk(Sn(k), f)|2 (7)
where gk(Sn(k), f) is the M × 1 vector of the transfer functions between the sensors Am and
the source point Sn(k).
In the multiple-source case, an accurate estimate of the noise-source levels can be computed
by deconvolution of the average PSF from the beamforming-MS results (Eq. (6)). In underwater
acoustics, deconvolution algorithms have been studied to improve the estimation of the ambient
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7noise directionality with a towed linear array [13], [14]. These algorithms are based on a
nonnegative least-squares strategy that minimizes the quadratic error between the measured
beamforming outputs and a given beamforming model. The computation concerns beamforming
outputs for static sources. Deconvolution has also been performed using the Lucy-Richardson
algorithm, when the PSF is position independent [15]. In these papers, results from measured
data demonstrate that the deconvolution technique can be used to lower sidelobes.
The pass-by noise of aircraft in aerial environments is generally studied using beamforming-
MS. In this ﬁeld, deconvolution algorithms are commonly used to estimate the relative contri-
butions of each localized source to the global acoustic signature of an aircraft. For instance, in
the railway industry, Bruhl developed the SDM method, which is based on a gradient descent
algorithm [10], and Le Courtois adapted the deconvolution approach for the mapping of acoustic
sources (DAMAS) method of Brooks et al. [16] for the case of moving sources [17]. In railway
applications, because of the high speeds of trains and the short measurement distances, only
the snapshot corresponding to the position of the train at the broadside of the antenna is used
for the processing. Consequently, the deconvolution results obtained without time averaging
are often noisy. In aeronautic applications, the measurement distances are often long, and
time averaging over several snapshots is possible. In this context, Fleury et al.[7] extended
the classical deconvolution methods of DAMAS, DAMAS2, CLEAN, and CLEAN-SC to their
case for moving sources. The classical methods of DAMAS, CLEAN and SDM that resolve
the deconvolution problem in the least-squares sense were studied on the experimental test
case, as detailed in section IV. The CLEAN method was not chosen because it requires a-
priori knowledge of the number of sources, which is unknown in practice. The DAMAS method
resolves the deconvolution problem by processing sequentially the amplitude estimation for each
calculation point, while the algorithm is iterative and stops when a threshold for the reconstruction
error is reached. The DAMAS method appears to be sensitive to noisy environments, as it
localizes many nonphysical sources. On the other hand, the SDM method iteratively resolves
the deconvolution problem for the whole calculation grid. This global resolution strategy allows
the number of localized nonphysical sources to be reduced. Mathematically, this corresponds to
a smaller reconstruction error than DAMAS in the least-squares sense in a simulated case of
two uncorrelated monopole sources in linear uniform motion. Consequently, the SDM iterative
method [10] is used here for the deconvolution of the average PSF on the beamforming-MS
results.
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8Let Γx(f) be the L× 1 vector of the autospectra of the equivalent monopole sources located
at the calculation points. The l-th element of the vector Γx(f) is denoted as Γx(Xl, f). The
SDM method solves the inverse problem of the estimation of the noise-source autospectra by
a-priori knowing a model of the average PSF (Eq. (6)) with a realistic nonnegative constraint
on the unknown source autospectra[10], which is the following least mean square problem:⎧⎨⎩ Γ̂x(f) = arg minΓx(f) ‖ΓBF(f)− |PSF(f)|
2Γx(f)‖22
Γx(Xl, f) > 0, ∀l ∈ [1, L]
(8)
The algorithm of SDM is an algorithm of a projected gradient with a nonnegative constraint.
This algorithm is initialized using beamforming-MS as follows:
Γ̂x(f)
(0) = ΓBF(f) (9)
At the iteration α, the L autospectra of the estimated sources at points Xl, l ∈ [1, L] are:
Γ̂x(f)
(α) = Γ̂x(f)
(α−1)
+ 2χ|PSF(f)|2,H
(
ΓBF(f)− |PSF(f)|2Γ̂x(f)(α−1)
)
(10)
where χ is the speed parameter of the gradient descent that results from a balance between
convergence and convergence speed. The value of χ was chosen as 5×10−5 in the present study.
At the end of each iteration, the nonnegative constraint on the unknown source autospectra is
satisﬁed by turning the negative values to zero.
III. IMPROVEMENTS TO THE INITIAL METHOD
To study the localization of ship noise sources as carried out in section IV, the calculation
grid used for the beamforming-MS method is larger than the measurement distance, because of
the large size of the vessel. There is undesired ampliﬁcation at the sides of the calculation grid,
which degrades the localization results through the generation of nonphysical sources. Moreover,
due to the limited size of the array and the measurement distance, the localization of two close
sources is not possible at low frequencies.
A. New weighting strategy for beamforming-MS
For the study of large objects such as ships, near-ﬁeld beamforming-MS is used and the
classical weighting coefﬁcients of beamforming-MS (Eq. (4)) amplify the estimated sources at
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9the farther calculation points. For instance, in the experiment described in section IV, the ship’s
length is 21 m and the array size is 4 m. Moreover, the measurement distance is short, to get a
good signal-to-noise ratio (SNR), which implies that the minimum distance between a calculation
point and a hydrophone is 10.37 m, and the maximum distance is 19.88 m. Beamforming-MS
aims to estimate the acoustic pressure radiated at 1 m by an equivalent monopole source located
at each calculation point. Consequently, the energy measured by the sensors and back-propagated
to a distant calculation point will be ampliﬁed because of the different distances between this
calculation point and the hydrophones on the array. This is particularly disturbing in the presence
of strong background noise, thus degrading the localization results on the sides of the calculation
grid, which can lead to incorrect interpretations.
These undesired ampliﬁcations would not exist if all of the calculation points were located
at equal distances from the acoustic center of the array; i.e., on a sphere centered at the array
center. Thus, for the case of spherical microphone antennas, Pereira suggested to weight the
acoustic transfer functions between the measuring points and the calculation points to deal with
this issue [18]. These weights are the distances between the calculation points and the array
acoustic center. This technique allows the array to be insensitive to its positioning relative to the
calculation points[18]. Pereira demonstrated this observation with the application of the inverse
method, the equivalent source method. Investigations into the beamforming-MS method deal
with this issue by modiﬁcation of the steering vectors and not using any weights like those
described in Equation (2). In these other studies, the steering vector between the mth sensor and
the lth calculation point at the frequency f is:[10], [16], [19]:
g0(Am, Xl(k), f) =
rml(k)
rcl(k)
exp(−j2πf
c
rml(k)) (11)
where rcl(k) = ‖
−−−−−→
AcXl(t
k)‖, is the distance between the array center Ac and the calculation point
Xl(k) for the snapshot k.
In this paragraph, we propose to use Pereira’s strategy, which consists of weighting the transfer
function associated to the calculation point Xl(k) by the distance rcl(k) for the snapshot k. This
choice allows the expression of the beamforming-MS steering vector as a function of the transfer
function, to maintain a physical meaning for the steering vector. The free-ﬁeld transfer function
with a spherical spreading is given by Equation (3). Let us deﬁne a function hkref that depends
on the free-ﬁeld transfer function as follows:
hkref(Am, Xl(k), f) = rcl(t
k)hk(Am, Xl(k), f) (12)
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where Am is the mth sensor point, Xl is the lth calculation point for the frequency f . The
subscript .ref indicates that the variable is related to the new weighting strategy.
The normalization term wl,ref(k) of the beamforming-MS using the new transfer function is
now:
wl,ref(k) = ‖hkref(Xl(k), f)‖−22 (13)
with href(Xl(k), f) = [href(A1, Xl(k), f), ..., href(AM , Xl(k), f)]T .
The new beamforming-MS steering vector is expressed as:
gk(Xl(k), f) = wl,ref(k)h
k(Xl(k), f) (14)
The theoretical response of the beamforming-MS at point Xl(k) to a monopole source of unit
amplitude located at point Xl(k) for the snapshot k is now:
gk,H(Xl(k), f)h(Xl(k), f) =
1
rcl(k)
(15)
This new strategy of beamforming-MS weighting mathematically corresponds to the estimation
of the source amplitude at points Xl(k), l ∈ [1, L], which are multiplied by 1rcl(k) ; i.e., to estimate
the acoustic pressure radiated at the array center by an equivalent monopole source located at
each calculation point at time tk.
The source contribution is then estimated using the deconvolution algorithm presented in
subsection II-B, and using the PSF of Equation (7). Note that if a real source is localized at a
given calculation point Xl(k) for all of the snapshots indexed by k, then its amplitude will be
multiplied by 1
K
K∑
k=1
1
r2cl(k)
in the ﬁnal result of the beamforming-MS at the point Xl (Eq. (5)).
Its amplitude can thus be recovered if the ship’s trajectory is perfectly known.
B. A passive synthetic aperture array algorithm for monochromatic sources
Many studies on passive synthetic aperture arrays have been carried out over the last two
decades. These studies have mostly considered the case of towed arrays. Williams performed
experiments of active synthetic aperture array processing using a ship-towed source that emitted
a continuous waveform signal[20]. Stergiopoulos et al. developed an efﬁcient extended towed
array method (ETAM) based on an overlap correlator that estimated the phase correction factor
from the spatial overlap of virtual hydrophones with real hydrophones[21]. This correlation-
based technique appeared to be robust to trajectory mismatches, because it was independent
of the exact knowledge of the ship position. Other methods have beneﬁted from beamforming
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Fig. 1: Construction of the passive synthetic aperture antenna for a vessel passing-by at speed
v.
processing to build a synthetic aperture technique. The beamforming method is a coherent array
processing technique that is thus more robust in low SNR experiments than when processed
directly on the sensors, which is the case for ETAM. For instance, Yen et al. proposed a fast
Fourier transform synthetic aperture algorithm that phase compensated the complex beamforming
outputs of subaperture arrays, instead of their virtual pressures [22]. Tong et al. extended the
ETAM to the case of multiple sources with different trajectories by also using beamforming
outputs of subaperture arrays [23].
In this paper, we propose to build a passive synthetic aperture array according to the ETAM, to
improve the resolution of the localization method for monochromatic sources at low frequencies
[24].
1) Initial passive synthetic aperture array algorithm: The initial synthetic aperture array
algorithm is implemented following the following two steps[20]:
1) Deﬁnition of subaperture arrays from real measured pressures that correspond to subtra-
jectories;
2) Synchronization of the pressures measured by the virtual arrays with the pressures mea-
sured by the real array.
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Let us assume an initial real linear array {Rm}m=1..M and a virtual array built at a distance of
ΔX from the real array position. The vehicle displacement is parallel to the array axis, i.e., the
x-axis. This distance ΔX corresponds to the source displacement during the delay ξ (Fig. 1).
The virtual pressures measured by the synthetic array {Vm}m=1..M are expressed as:
p(Vm, t) = F−1 [F [p(Rm, t− ξ)] (f) exp (jΦm(fs))] (t) (16)
where F [.] is the time Fourier transform, fs is the frequency of the monochromatic source,
and Φm(fs) is the phase shift that is necessary to synchronize the virtual sensor Vm with the
corresponding real sensor Rm. In the case of linear uniform source motion, the time delay is
simply expressed as:
ξ =
ΔX
v
(17)
The compensating phase factor is then expressed as[20]:
Φm(fs) = 2πfs
ΔX
v
(18)
2) Application of the extended towed array method: For the robustness of the synchronization
of the synthetic arrays, Stergiopoulos et al. suggested to compute this using the intercorrelation
between the real hydrophones and the overlapping virtual hydrophones [21]. This synchronization
strategy aims to improve the estimation of the compensating phase shift Φm(fs). For a virtual
hydrophone Vm built from a real hydrophone Rm and located at the position of a real overlapping
hydrophone Rn, the phase correction factor is estimated by:
Φm(fs) = 2πfs argmax
u
∫
t
p(Rm, t− ξ)p(Rn, t− u)dt (19)
where argmax
u
is the time u corresponding to the maximum.
To be robust to any changes in the propagation conditions during the passing-by of the source
(e.g., nonuniform source speed, nonstationarity of the properties of the propagation medium), the
construction of the passive synthetic aperture array is computed with a short time strategy. Using
the snapshots (indexed by k) deﬁned for the beamforming-MS, the short time virtual pressure
pk(Vm, t) for the snapshot k measured by a synthetic sensor Vm is expressed as:
pk(Vm, t) = F−1
[F [pk(Rm, t− ξ)] (f) exp (jΦkm(fs))] (t) (20)
where pk(Rm, t) is the short time pressure measured by the real sensor Rm and the short time
correction phase factor:
Φkm(fs) = 2πfs argmax
u
∫
t
pk(Rm, t− ξ)pk(Rn, t− u)dt (21)
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IV. EXPERIMENTAL RESULTS
The initial method and its improvements are now applied and validated on experimental data.
First, the experimental set-up is presented. Then, array processing results are commented on in
terms of localization results and contribution results.
A. Experimental set-up
An underwater pass-by experiment was conducted in the acoustic test facilities of DGA Naval
Systems, on Castillon Lake, France, which is a mountain lake in the Alps that has an average
depth of 100 m and a maximum width of 600 m. The experiment consisted of towing a 21-m-
long scale model of a surface ship at a constant speed of v = 2m.s−1 above a horizontal linear
nine-hydrophone array.
The ship’s trajectory is parallel to the array, along the x-direction. The z-axis represents the
depth axis, and the coordinate system has its origin at the array center. The ship’s hull has
two shakers, S1 and S2, that generate two point acoustic sources outside the hull, as shown on
Figure 2. When the ship is at the closest point of approach (CPA), the shakers are located at the
points with the x-coordinates of: x = −5.9 m for S1, and x = 2.3 m for S2. The hydrophone
array is parallel to the x-axis and to the ship’s trajectory. The nine-element array is 4 m long,
with 0.5-m element spacing. The array depth is 10 m, and the array is located at 2.50 m from
the CPA in the y-direction (Fig. 2). The acquisition time considered for the array processing is
longer than the duration of the ship’s passing above the array.
The ship’s trajectory is calculated using a tachymeter system positioned on the idler pulley.
The tachymeter system provides a trajectory accuracy of 0.785 cm. To correct for any possible
trajectory errors, a reference shaker that emits a sinus at 5,000 Hz is used to localize the CPA.
The CPA time is estimated by the time when the signal emitted by this reference shaker has a
frequency of 5,000 Hz, as received at the center of the array. When the ship’s trajectory is not
perfectly known, the amplitude of a point source will be spread over several grid points. It will
thus be necessary to deﬁne large contribution zones in order to take into account this uncertainty,
or to improve the trajectory estimation using [25].
This experimental set-up is a realistic conﬁguration with good SNR, and it is used for
experimental validation of the proposed method.
Note that the following analysis of the noise-mapping results is only qualitative because the
amplitudes of the acoustic sources are not known. Indeed, the signals emitted by the shakers are
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Fig. 2: Experimental set-up for the study of two moving acoustic sources on Castillon Lake.
controlled, although the vibroacoustic response of the ship’s hull is not known. Consequently,
the accuracy of the estimation of the relative energetic contributions of the sources cannot be
veriﬁed. Different emitted signals will be used in the following: sines and wideband noise. The
SNR is the mean SNR while the ship passes by.
B. Application of the new strategy of weighting
The shaker at x = −5.9 m emits three sines at the frequencies of 1,200 Hz, 1,400 Hz, and
1,800 Hz, and it represents a mechanical source, such as an engine source. The shaker at x = 2.3
m emits wideband noise that represents a hydroacoustic source, such as a propeller source. On
a hydrophone of the array, the SNR is 50 dB for the 3 sine source, and 25 dB for the wideband
source. The new weighting strategy is evaluated using this realistic scenario in terms of source
localization and source contribution. The recording duration is 14.15 s, which corresponds to
281 snapshots of duration T = 100 ms, with 50% overlap, at a distance of 28.30 m, and at a
speed of 2 m.s−1.
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1) Source localization performances: Figure 3 shows the localization result computed by
beamforming-MS using the initial weighting (Fig. 3a), and after deconvolution by SDM of
this initial beamforming-MS (Fig. 3b). These localization maps represent the acoustic pressure
levels in decibels as a function of the estimated source position on the horizontal axis and
of the frequency on the vertical axis. The beamforming-MS and the deconvolution by SDM
are computed for each frequency in the band of interest [500 Hz; 2, 000 Hz]. The true source
positions are indicated by the vertical dashed lines and by the small arrows in the pictures
of the ship models at the bottom of Figure 3. With the initial weighting, the two sources are
roughly localized in the good source areas by the beamforming-MS with bad resolution at low
frequencies, and by the SDM method with better resolution. However, after deconvolution by
SDM, several nonphysical sources at undesired localizations are spread over all of the localization
map, and particularly at the ends of the calculation grid. These nonphysical sources correspond
here to deconvolution residues of the beamforming-MS sidelobes due to mismatches between
the theoretical PSF (Eq. 7) and the real PSF.
Figure 4 shows the localization results computed by beamforming-MS using the new weighting
(Fig. 4a) and after deconvolution by SDM of this beamforming-MS result (Fig. 4b), with the
same parameters as previously used. The two sources are localized at their real positions by
both methods, which was not the case with the initial beamforming-MS. These results highlight
the interest in the new weighting strategy for the provision of more accurate localization of the
sources. In addition, the nonphysical sources that were previously localized at the extremities
of the calculation grid have now been removed (Fig. 4). This result validates the interest in the
new weighting strategy.
However, the wideband source S2 at x = 2.3 m is not continuously localized over all of
the frequencies, and especially at the frequencies of the source S1, which has a 15− dB-higher
amplitude at the hydrophone. This limitation is imposed by the localization dynamic of the SDM
method, which is almost the same as the one of the beamforming-MS.
2) Source contribution performances: To estimate the relative contributions of the sources in
the acoustic signature, the contribution zones must be deﬁned. Three zones are deﬁned, based
on the deconvolution results:
• ’Zone 1’, which corresponds to shaker S1 at x = −5.9 m: [−8m;−4m]
• ’Zone 2’, which corresponds to shaker S2 at x = 2.3 m: [0m; 4m]
• Zone ’residue’, which corresponds to nonphysical sources (i.e., outside ’Zone 1’ and ’Zone
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Fig. 3: Localization maps representing the estimated pressure levels in acoustic decibels, as a
function of the estimated source position and of the frequency. (a) Result of the beamforming-MS
with the initial weighting. (b) Result from the beamforming-MS after deconvolution by SDM.
The source positions are indicated by the vertical dashed lines and by the arrows in the pictures
of the ship models at the bottom of the panels.
2’): [−15m;−8m] ∪ [−4m; +0m] ∪ [+4m; 15m]
The contribution spectrum of a zone is computed by spatial integration of the spectra estimated
after SDM deconvolution for all of the calculation points included in this studied zone. Figure
5 represents the estimated contribution spectrum of source S1 as the continuous line, of source
S2 as the dashed line, and of nonphysical sources as the dotted line. The results shown in
Figure 5a do not allow correct estimation of the source contributions. Indeed, the level of the
residue contribution is only 10 dB lower than the contribution of source S2. Figure 5b shows
that the new beamforming-MS weighting improves the estimation of the spectral contribution of
source S1. Indeed, the acoustic energy of the estimated source S1, which is represented as the
continuous line on Figure 5, is concentrated only on the frequencies of 1,200 Hz, 1,400 Hz, and
1,800 Hz in the results with the new weighting (i.e., Fig. 5b). Moreover, the energy contribution
of the nonphysical sources referred to as ’residue’ is dramatically reduced, by more than 10 dB,
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Fig. 4: Localization maps representing the estimated pressure levels in acoustic decibels, as a
function of the estimated source position and of the frequency. (a) Result of the beamforming-
MS with the new weighting. (b) Result from the beamforming-MS after deconvolution by SDM.
The source positions are indicated by the vertical dashed lines and by the arrows in the pictures
of the ship models at the bottom of the panels.
in the result computed with the new weighting (i.e., Fig. 5b) compared to that computed with
the initial weighting (i.e., Fig. 5a). This observation means that the spectral contributions of the
two sources are better estimated using the new weighting.
In conclusion, these experimental results show that the initial method with the new weighting
strategy provides accurate localization of the sources of a ship passing-by. In addition, the
deconvolution results are improved by the new weighting, thus providing good estimation of the
relative energy contributions of these sources. The main improvement from the new weighting
strategy is the drastic reduction in the nonphysical sources.
C. Application of synthetic aperture pre-processing
For this second validation test case, the two shakers emitted two sinusoidal signals at a
frequency fs = 700Hz (Fig. 2). The SNR is 60 dB. This conﬁguration can occur when two
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Fig. 5: Estimated contribution spectra of source S1 as the continuous line, source S2 as the
dashed line, and nonphysical sources as the dotted line, with the initial weighting (a) and the
new weighting (b).
mechanical sources are close, such as for two internal machines. The recording duration is 7 s,
which corresponds to 139 snapshots of duration T = 100ms with 50% overlap.
1) Construction of the synthetic array: The real array of nine hydrophones, {Rm}1..9 is
synthetically enlarged by twice its length. The choice of the synthetic aperture length is important,
and it depends mainly on the source and antenna directivities. Empirically, it has been shown that
a maximum angle of view of 45◦ between the ship and the array provides satisfactory results. The
total synthetic array, {{Vm}1..4, {Rm}1..9, {Vm}7..10}, has 17 hydrophones with a virtual length
of 8 m. Figure 6 illustrates the geometry of the synthetic array. The synthetic array is enlarged
by deﬁning two sub-arrays of ﬁve virtual hydrophones with an overlap of one hydrophone. The
pairs of overlapping sensors are (V5;Rr1) and (V6;R
r
9).
These pairs of overlapping hydrophones are useful for robust synchronization (Eq. (21)), and
also for experimental assessment of the quality of the construction of the synthetic antenna. For
this purpose, two indicators in the literature[26] are calculated here for a pair of overlapping
sensors (Rrn;Vm), where . refers to the average over time, and superscript .
r denotes the overlap:
• Indicator T1: A correlation coefﬁcient between the overlapped hydrophone time pressures
that evaluates the quality of the phase compensation (T1 = 1 means that the signals are in
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Fig. 6: Construction of the synthetic array of 17 hydrophones {{Vm}1..4, {Rm}1..9, {Vm}7..10}
from the real antenna of nine hydrophones {Rm}1..9.
phase):
T1 =
p(Vm, t).p(Rrn, t)√
p(Vm, t)2p(Rrn, t)
2
(22)
• Indicator T2: The relative error between the root mean square of the overlapped hydrophone
time pressures (T2 should tend to zero):
T2 =
|
√
p(Rrn, t)
2 −
√
p(Vm, t)2|√
p(Rrn, t)
2
(23)
Figure 7 shows the values of both of the indicators for the pair of overlapping hydrophones
(V5;R
r
1) (Fig. 7a) and (V6;R
r
9) (Fig. 7b) as a function of time t
k, ∀k ∈ [1, K], which are the
times corresponding to snapshots. Note that the indicators are computed for the samples of the
snapshots deﬁned in subsection II-A. All of the indicators T1 are close to 1, and all of the
indicators T2 are close to 0, so it can be concluded that the synthetic aperture array is built
correctly.
2) Source-localization performances: The previous experimental indicators show the good
quality of the synchronization of the virtual hydrophones with the real hydrophones. The source-
localization results are now computed using beamforming-MS and the deconvolution SDM
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Fig. 7: Values of the quality indicators T1, as the continuous line, and T2, as the dashed line,
for the pairs of overlapping sensors (V5;Rr1) (a) and (V6;R
r
9) (b).
method, to evaluate the improvements to the localization at low frequencies. Figure 8 shows
the localization results at 700 Hz with the real nine-hydrophone array as the continuous line,
and with the synthetic 17-hydrophone array as the dashed line, as computed by the beamforming-
MS (Fig. 8a) and after deconvolution by the SDM method (Fig. 8b).
Figure 8a shows that the beamforming-MS improves the localization results using the 17-
hydrophone synthetic array. Quantitatively, Table I presents the data for the width of the main
lobe at −3dB of the maximum (i.e., the resolution), the side-lobe level, and the localization
errors for each source and each array. The values of the resolution conﬁrm that the synthetic
array that has a length twice that of the real array (which implies two-fold narrower resolution)
is in agreement with the theory. In addition, both sources are localized with small errors (of less
than 1 m) using the 17-hydrophone synthetic array, as compared to the beamforming-MS using
the nine-hydrophone real array, which only localizes one source. These localization errors are
due to phase errors that probably result from a small error in the construction of the virtual array.
For instance, the indicator T1 of the couple (V5;Rr1) is low for the ﬁrst snapshots, which means
that the phase compensation is not accurate. Another probable explanation is that the sidelobes
of each source might slightly bias the localization of the other one. The localization result with
the 17-hydrophone synthetic array informs the operator that there may be two sources. After
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Fig. 8: Source-localization results with the real array as the continuous line and the synthetic
antenna as the dashed line, for the beamforming-MS (a) and from the beamforming-MS after
deconvolution by SDM (b).
deconvolution by the SDM method (Fig. 8b), both of the sources are localized with certainty
with the 17-hydrophone synthetic aperture antenna. No nonphysical source is localized by the
SDM method, which allows accurate contribution estimation using the SDM results.
In conclusion, this experiment with the two sinusoidal sources at low frequency demonstrates
that the synthetic aperture array can be used to improve the performance of beamforming-MS,
and especially of its resolution. The synthetic aperture array allows here the localization of both
sources with certainty after deconvolution, which was not the case with the real antenna. This
is of great interest for naval applications, as ships have numerous low-frequency tonal sources.
V. CONCLUSIONS AND FURTHER STUDIES
This paper proposes a noise-mapping process to localize noise sources and to estimate their
contributions for the case of a moving surface ship above a horizontal linear array. The initial
array-processing method is the beamforming-MS method computed in the Fourier domain, for
source localization, and for deconvolution of its result by the SDM method, to estimate the
spectral contributions of the sources. The choice of the initial method was motivated by an
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Type of
antenna
Primary lobe
beamwidth
Real
(9 hydro.)
Synthetic
(17 hydro.)
Side lobe
level
Estimation
errors along
the x-axis
6.2 m* * *
3.2 m
3.8 m
11.07 dB
6.28 dB
-0.7 m
-0.9 m
TABLE I: Performances of the localization by beamforming-MS with the computation of a
synthetic aperture antenna. ∗ As the two sources are not localized with the real array, the
performances concerning the estimated source S1 are not relevant.
analysis of the literature in other areas of application. In the case of the pass-by experiment,
the study of a large vessel implies that all of the points are at very different distances from
the antenna. Consequently, there are undesired ampliﬁcations of the estimated pressure levels at
the extremities of the calculation grid in the localization results, due to spherical spreading. To
deal with this issue, a new weighting strategy for the beamforming-MS is proposed. Moreover,
a surface ship has many low-frequency sources that correspond to the machinery noise, and this
initial method fails to separate two close sources at low frequencies even after deconvolution.
The use of the passive synthetic aperture array method is thus proposed for monochromatic
sources, to improve the resolution of beamforming-MS at low frequencies.
To experimentally validate the improvements to the initial method, an underwater noise-
mapping experiment of a moving ship was conducted on Castillon Lake, France, with a horizontal
linear array of nine hydrophones. The application of the new weighting strategy on a conﬁg-
uration of two sources shows a dramatic reduction in the number of nonphysical sources. The
localization results and the contribution results are thus more accurate, which helps in their
physical interpretation. Moreover, an experiment with two sinusoidal sources at low frequency
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is considered. The use of the synthetic aperture array method allows the localization of both
of the sources with the synthetic antenna, which is not possible with the real antenna. The
synthetic aperture array processing improves the localization performances of the beamforming-
MS, especially in terms of its resolution and side-lobe levels.
Future studies will be designed to generalize the initial method to all types of movement, and
particularly for higher speeds, for which the Doppler effect has to be taken into account[27],
[7], [28]. The deconvolution method should be modiﬁed accordingly. Recent advances in signal
processing have been achieved in terms of the development of efﬁcient blind deconvolution
methods using sparsity constraints[29]. These methods appear to be adapted to this application,
because of the uncertain knowledge of the PSF that depends on the knowledge of the envi-
ronment, and because of the sparse distribution of the sources inside the ship. In addition, the
passive synthetic aperture array should be extended to noise-map random sources, because this
processing is currently implemented for monochromatic sources. Finally, the methods and their
improvements should be applied to a real ship at sea.
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